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Abstract
The effects of frequency shaping on azimuthal sound localization were investigated.
High-pass gain was added to a two-band hearing aid design in which the low-pass
band is presented binaurally and the high-pass band is presented diotically. This
high-pass gain simulates the amplification necessary to overcome a typical presbycusis
related hearing loss. The previous findings that increasing the system cutoff frequency
diminishes localization ability were confirmed. The results suggest that high-pass
gain has a negative effect on listeners' ability to localize sources. Furthermore, the
the effect of the high-pass gain depends upon the system cutoff frequency. At higher
cutoff frequencies, the effects of the high-pass gain are less prominent. With a system
cutoff of 1400 Hz, performance only drops from 77% to 62% when 40 dB of high-pass
gain are added. With the cutoff set to 700 Hz, performance drops from 66% to 19%.
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Chapter 1
Background
The traditional hearing aid is composed of a single microphone, an amplifier, and
a receiver. Such devices provide enough gain to compensate for hearing loss, but
amplify noise (jammers) as much as the desired signal (target). A better system
would differentially amplify the target and the jammers. If it is assumed that the
target signal is speech, and that jammers can be the speech of other talkers, then the
only basis for discriminating target from jammer is their spatial location.
The necessary step to achieving differential amplification of target and jammer
is the use of multiple microphones. A microphone array can be used to provide a
selective directional response. When the direction of the target signal is known, the
array's directional response can be designed to attenuate those signals arriving from
non-target directions. Further enhancement can be achieved using adaptive filtering
techniques. By adaptively steering the directional response, the noise reduction can be
maximized continually in a dynamic environment. Greenberg and Zurek [5] describe
a successful two-microphone adaptive-array hearing aid. To simplify the problem, it
was assumed that the target is a speech signal located straight ahead of the listener.
This assumption is reasonable since often the user would be attending to a speaker
directly in front of him.
1.1 The LP/HP Structure
Along with providing gain and reducing noise, a good hearing aid should not interfere
with the natural benefits of binaural hearing. The ability to localize sounds is one
of those benefits, as is improved speech intelligibility [9]. Subjects are better at
understanding one of multiple speakers when they are spatially disparate.
It is well known that the major factors in localization are the interaural differences
of the sounds and the spectral shaping due to the head and pinnae [1]. Studies
have shown that in the azimuthal plane, the interaural time difference (ITD) is the
predominant factor in localization of low-frequency sources, while interaural intensity
differences are essential for high-frequency sources. The spectral effects of the head
and pinnae are considered important for determination of elevation and distance. A
recent study [83 has cleverly shown that the paramount cue for localizing wideband
sources is the ITD below 1400 Hz.
While the multimicrophone system of [5] improves the target to jammer ratio
(TJR), it eliminates the user's ability to locate sounds in space. Since all input signals
are combined in the noise cancellation process, there is only one output signal. A
continuation of this work was done by Welker [7], who developed a binaural version of
the adaptive array hearing aid. This system combined the benefits of low-frequency
binaural outputs and high-frequency noise cancellation. The binaural presentation
of the low-frequency components preserves some spatial localization. The filtered
high-frequency components improve speech intelligibility by increasing the TJR. This
structure, in which the audio spectrum is divided at a cutoff, fe, with binaural output
in the low-frequency part and a single-channel output in the high-frequency part, is
called LP/HP. A schematic diagram of the LP/HP structure is shown in Figure 1-1
1.2 Design Trade-offs
The LP/HP configuration provides a compromise between the monaural adaptive
system, which provides TJR improvement, and two independent single-microphone
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Figure 1-1: The LP/HP structure.
hearing aids which together maintain binaural localization cues. The tradeoff is de-
pendent on the cutoff frequency, fe, which divides the low- and high-frequency paths.
With a lower cutoff frequency, the noise canceller can provide more TJR improve-
ment. Alternatively, with a higher cutoff frequency, more of the ITD localization cues
are preserved.
Welker evaluated the LP/HP system on normal hearing subjects to determine
its advantages over the adaptive monaural and traditional binaural hearing aids in
speech intelligibility and source localization, and the tradeoff between them. The
behavioral tests were conducted for five cutoff frequencies between 500 and 2000 Hz,
as well as for the monaural noise canceller (corresponding to a cutoff of 0 Hz) and for a
binaural pass-through system (corresponding to a cutoff of oo Hz). Source localization
increased dramatically from the monaural system to the 500 Hz cutoff frequency, but
changed only gradually above 500 Hz until near perfect performance was achieved at
2 kHz. On the other hand, intelligibility decreased with cutoff frequency.
1.3 Gain Stage
The previous work, however, has not been evaluated on hearing impaired subjects.
While tests on normal hearing subjects provide a useful assessment of the hearing
aid, the true value of the design will be measured by its ability to improve speech
reception, while preserving localization ability, for hearing-impaired users.
To be suitable for a hearing impaired user, the binaural system must be modified
to compensate for the impairment. The most common type of hearing loss is due to
aging. This form of impairment, presbycusis, is typically characterized by a loss of
sensitivity to frequencies above 2 000 Hz [2]. Representative audiograms of a normal
ear and an advanced presbycusis suffer are shown in Figure 1-2. While most of the
energy in speech signals is below 500 Hz, speech intelligibility is closely tied to the
content above 1 000 Hz. Thus, presbycusis reduces the sufferer's ability to understand
speech even in the absence of jammers. Choosing the appropriate amplification is not
as simple as inverting the audiogram. Often in conjunction with elevated thresholds,
at low intensities, the rate at which perceptual loudness increases with acoustic in-
tensity is higher than normal. At higher intensities, the loudness perceived by the
impaired listener is comparable to that of the normal listener. This phenomenon
is known as "recruitment," and is illustrated in Figure 1-3 (based on [3]). The fig-
ure shows idealized loudness-versus-intensity curves for a normal ear, an impaired
ear, and an impaired ear with recruitment. Since the pain threshold is not elevated
like the detection threshold, the dynamic range of an impaired person's hearing is
compressed.
1.4 Goal of this Work
The goal of this thesis is the evaluation of the effects of the frequency-gain charac-
teristics of the LP/HP structure on spatial localization. Since hearing loss is typified
by high-frequency losses, only the effects of high-frequency emphasis were examined.
The effects were studied in normal hearing subjects. Although we cannot expect a
direct carry-over of the results to the performance of impaired persons, we proceed
under the assumption that in the least, the results will provide a good starting point
for the more difficult task of evaluating impaired hearing.
The expectation is that emphasis of the high-frequency diotic components will
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Figure 1-2: Typical audiograms for normal and impaired hearing.
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Figure 1-3: Theoretical loudness versus. intensity curves for three types of hearing:
(A) normal, (B) impaired with recruitment, and (C) impaired without recruitment.(based on [3].)
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interfere with the processing of the low-frequency spatial information. This premise
is based on two points. The relative loudness of the high frequencies can mask the
lower frequencies, diminishing their loudness and presumably making it harder to
extract information from them. Results from [8] indicate that low-frequency cues
overwhelm high-frequency cues when in conflict. However, should these conflicting
high-frequency components also be of higher intensity, it is likely that they would
play a more dominant role. The diotic presentation of emphasized high-frequency
signals should then pull the apparent position of the source toward zero azimuthal
excursion.
Chapter 2
A PC-Based Experimental System
2.1 Hardware
The experimental setup used throughout the research was centered around a PC
microcomputer. The setup is represented in Figure 2-1. The equipment can be
divided into two systems, processing and presentation.
2.1.1 Processing
The gain shaping system was implemented on an Ariel DSP96 PCI card. The DSP96
is based around a 40 MHz Motorola DSP96002 IEEE floating-point DSP processor.
At 60 Mflops, the DSP96 has more than enough computational power for the present
purposes. With a sampling rate of 11025 Hz, the 96002 can perform roughly 5500
operations per sample. This sampling rate is sufficient to allow processing of the
important speech content below 5 kHz. The card has two analog inputs and two
analog outputs with built-in anti-aliasing and anti-imaging filters. The analog-to-
digital and digital-to-analog conversions are based on 16-bit components. The gain
between the input and output is set on the hardware at 12 dB. The analog outputs
are fed through a Crown D-75 amplifier to a pair of Bose aviation headphones. These
headphones were used to obtain substantial attenuation of the direct path. Mounted
on the headphones are two omni-directional microphones. The microphone signals
Figure 2-1: Experimental setup.
are amplified by a custom preamp [7] before entering the DSP96 inputs.
2.1.2 Presentation
All stimuli were digitized and stored as WAVE files. Playback was done through a
SoundBlasterTM 16 bit audio card. The sound card output was fed via a Tucker-Davis
power attenuator to an Optimus SA-155 Integrated Amplifier. The amplified signal
was then multiplexed to one of seven speakers by a Tucker-Davis power multiplexer.
Additional information was presented to subjects through a simple terminal with
an LCD display. The keypad of the terminal was used to register subject responses.
2.2 Software
Software based on the Matlab@ environment was developed to control all aspects of
the experiment and to provide an easily extendible and maintainable foundation for
future research. The software is divided into six toolboxes.
Graphical User Interface A small set of useful graphical user interface compo-
nents were developed as M-files. Each M-file encapsulates the behavior of a
single user interface and provides command-line control for scripting purposes.
These elements can be combined easily in other functions to generate compli-
cated user interfaces for control of DSP algorithms and experimental procedures.
Terminal A toolbox of C language MEX-functions for accessing the PC serial port
were developed. On top of these low-level functions, a set of M-files were written
to facilitate interaction with the terminal.
Tucker-Davis The C language driver libraries from Tucker-Davis were wrapped into
MEX-functions. Separate functions were created to control each parameter of
both the attenuator and multiplexer.
SoundBlaster Several M-files were written for the conversion of sampled data be-
tween Matlab® matrices and WAVE files. A MEX-function was written to
asynchronously play WAVE files through the Windows multimedia system.
DSP96 A Windows interapplication-communication server was developed to allow
control of the DSP96 from the Matlab@ command-line. A minimal set of the
Ariel DSP96 driver library was included in the server. A suite of M-files were
written to facilitate the use of the server. This toolbox proved not only useful
in controlling DSP96 algorithm parameters, but also sped up the algorithm
debugging process.
Data Storage To handle the tasks of storing and retrieving data efficiently from file,
a set of extremely useful MEX-functions were developed. These functions ma-
nipulate MAT-files more conveniently and efficiently than the built-in Matlab@
idioms.
Together these toolboxes provided enough of a framework to run the entire exper-
imental setup from within Matlab@. The Matlab® environment provides the right
combination of scriptability, graphics, computational power, and a well established
local knowledge base.
Chapter 3
System Design
3.1 Binaural System
The binaural system developed by Welker is based on first splitting each input chan-
nel into low- and high-pass bands. The high-pass bands are combined in the noise
cancellation module and presented diotically to both ears, while the low-pass bands
are passed straight through to the respective ears after an appropriate delay. In
this study we use the same technique, except that the noise cancellation module is
omitted. This module is left out since the results of the study are expected to be
independent of the noise reduction implementation. Furthermore, the effects of such
a module would confound the experimental conditions.
3.1.1 Filter Design
The low-pass filter used to split the two input channels into two frequency bands were
generated using the Remez algorithm [4] which yields an FIR equiripple approxima-
tion to the ideal "brickwall" low-pass filter. The filter coefficients were calculated in
Matlab@ using the remez () function. Odd filter lengths were selected to yield an FIR
type one filter. The odd length conveniently provides an integer sample delay. A filter
length, L, of 127 samples was chosen for the final system to provide approximately
60 dB of attenuation in the stopband with a 400 Hz transition band.
The high-pass filter is just the complement of the low-pass filter
IHhighpass(ejW)I = 1- IH=owpass(ejW)1. (3.1)
where Hlowpass and Hlowpass are linear phase systems with group delay M = (L- 1)/2,
and can be expressed as a product of a zero-phase term and a linear phase delay
H(ej" ) -IH(ej")l e - j M. (3.2)
From Equations 3.1 and 3.2 we can see that
hhighpass[n] = 6[n - M] - hlowpass[n], (3.3)
or for input x and outputs Ylowpass and Yhighpass
Yhighpass[n] = x[n - M] - ylowpass[n], (3.4)
By making use of this property, only one filtering operation need be performed instead
of two. Furthermore, since the low-pass filter is symmetric, only (L - 1)/2 + 1 of the
L filter coefficients need to be stored. Although for the present study, efficiency in
time and space are not of concern, it is useful to make efforts to optimize the DSP
code. Furthermore, the resulting code can be used as a point of reference for future
work.
3.1.2 Gain Stage
The hearing aid gain-stage was simulated by applying differential gains to the high-
and low-pass bands. In addition, the software allows for an overall gain to be applied
to each output channel after the two bands are combined. Although this two-band
method is limited in the shapes of frequency-gain characteristics that can be achieved,
it is ideal for studying the effects.
3.1.3 Conditions
Cutoff frequencies of 250, 500, 700, 1000, and 1400 Hz were selected for the exper-
iment. Although Welker used cutoffs from 500 to 2 000 Hz, pretests indicated that
there was little performance difference between the 1400 and 2000 Hz conditions.
On the other hand, Welker's results showed a large performance jump from 0 to 500
Hz, and so a cutoff of 250 Hz was added to fill in the performance curve. In addition,
the two extremes, 0 and 5 512 Hz, were included as baseline conditions. The low-pass
digital gain was fixed at 0 dB while the high-pass gain was varied from -10 to 40 dB in
increments of 10 dB. The full-band digital gain was set at -40 dB as a convenient way
to assure that the DAC did not overload when the high-pass gain was at maximum.
As a consequence of the chosen gain settings, the intensity of the low-frequency
headphone output was soft enough that the direct path leakage under 500 Hz became
significant. The leak-through signal spoils the cleanliness of the experiment in terms
of studying a psychophysical effect. However, since most hearing impairments are
insubstantial under 500 Hz, the intensity floor imposed by the leak-through is in fact
a realistic condition. However, to experimentally separate the effects of the direct
path signal from the processed signal, the two lowest high pass gains, -10 and 0 dB,
were run a second time with a full-band gain of -20 dB. The additional 20 dB of gain
is enough to elevate the low-pass headphone intensity above the direct path level.
To counteract the overall digital attenuation (whether it was -40 or -20 dB) roughly
40 dB of analog gain was added into the system. The Crown gain was set to maximum,
26.3 dB, and its outputs were then summed with the respective original DAC outputs
providing a total of 26.7 dB of gain from DAC to headphones. This gain combined
with the 12 dB hardware gain from ADC to DAC provided 38.7 dB total gain from
microphone preamp output to headphone. The addition of this much analog gain was
not absolutely necessary since the digital system could have implemented an effective
gain greater than 0 dB. However, it was simpler to use the described method since
the Crown's two gain controls could only be precisely set at their maximum value.
3.1.4 Software
The DSP code was hand-coded in assembly language for the DSP96002. The code
includes control structure to select the output of the system. The system can be
set to output only the amplified binaural low-pass band, only the amplified diotic
high-pass band, or the sum of the amplified binaural and diotic signals. This feature
of the code was very useful for testing purposes.
To facilitate rapid testing and use of the DSP96 algorithm, a graphical user inter-
face was developed with the Matlab@ toolboxes described in Chapter 2. The interface
allows all system parameters, filter length, cutoff frequency, full-band gain, and high-
and low-pass gains, to be changed quickly. The interface recalculates filter coefficients
on the fly and downloads them directly to DSP memory. The interface also displays
the magnitude of the ideal system response and updates it as parameters are changed.
As well as being controllable with the mouse, the user interface can be controlled from
the command-line.
3.2 Experimental Paradigm
The effect of the system on azimuthal localization was evaluated using a simple behav-
ioral response. The goal was to measure the subjects' untrained localization ability
in the presence of high-frequency emphasis.
The subject sits in front of seven loudspeakers. The loudspeakers are arranged on
a semicircle with a 3.5 foot radius. The front of each loudspeaker extends 3.5 inches
past the center of its base, so the effective radius is just over 3 feet. The height of
each loudspeaker stand was adjusted to put the high-frequency driver at ear level.
The subject was positioned at the center of the circle facing the center loudspeaker.
Each of the gain shaping conditions was tested in a single continuous run of 35
trials. For each trial in a run, one stimulus from a pool of ten was randomly selected.
The stimulus was presented through one of the seven loudspeakers. Each loudspeaker
was chosen exactly five times, but the ordering was randomized. The subject was
asked to respond on the terminal with his best estimate of which loudspeaker produced
the noise. No feedback was given to the subject in order to prevent learning over the
course of the study.
Subjects were asked to look in the direction of the center loudspeaker for the
duration of each presentation. Subjects were allowed to take breaks between runs at
their own discretion. For four of the five subjects the complete battery of 42 runs was
repeated once. All but one of the subjects opted to repeat the battery on a later day.
Stimuli
The stimuli were short (0.6 - 1.3 seconds) recorded speech samples. The recordings
were made by a male speaker using a lapel microphone and a SoundBlasterTM PC
audio card. The sentences come from the Central Institute for the Deaf "Everyday
Speech" list as described in [2].
* What's new?
* How are you?
* Look out!
* See you later.
* Good morning.
* Believe me.
* Where is he?
* It's raining.
* The show's over.
* Everything's all right.
After digitization, the RMS value of each waveform was normalized. The new RMS
value was chosen so that the peak sample value across all waveforms was at the extent
of the 16-bit precision. Figure 3-1 is the average power spectrum of the ten signals.
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Figure 3-1: Average power spectrum of the ten speech stimuli.
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The tone control and gain of the Optimus amplifier were maximized to achieve a
flat response. The digital attenuator was adjusted to present the speech signals at 55
dB SPL, about 10 dB less than conversation level. At this intensity, a high-pass gain
of 40 dB in the DSP system put the sound at the limit of comfortable listening.
Chapter 4
System Verification
4.1 DSP System
The operation of the frequency shaping algorithm was verified using a spectrum an-
alyzer. The measurements were made from ADC to DAC on a single channel and
include the 12 dB of hardware gain. The performance of the low-pass filter was mea-
sured by setting the algorithm to output only the binaural low-pass band. Figure 4-1
displays the predicted and measured frequency response of the equiripple low-pass
filter. The complementary high-pass filter is shown in Figure 4-2 and the combined
response is shown in Figure 4-3. The low-pass characteristics of the ADC hardware
antialiasing filter is seen in Figures 4-2 and 4-3 at frequencies above 5 kHz.
The overall system was tested by varying the low-pass and high-pass gains. The
overall gain was fixed at -40 dB and the low-pass gain was fixed at 0 dB. The system
response was measured with high-pass gains of -10, 0, 10, 20, 30, and 40 dB. These
measurements are shown in Figure 4-4. The stop-band ripple of the low-pass filter
is readily apparent in the lowest two frequency responses. Adjustment of the cutoff
frequency was also tested for proper operation. The high-pass gain was fixed at 40
dB and the cutoff frequency was set to each of 250, 500, 700, 1000, and 1400 Hz.
The measured frequency responses are illustrated in Figure 4-5.
Finally the cross-channel response of the DSP system was measured. Figure 4-6
shows the magnitude and phase measured from channel zero to channel one. It is
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Figure 4-1: Predicted and measured frequency response of low-pass filter with cutoff
frequency 1 kHz.
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Figure 4-2: Predicted and measured frequency response of high-pass filter with cutoff
frequency 1 kHz.
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Figure 4-3: Predicted and measured frequency response of overall system with unity
gain in both bands. Low-pass filter cutoff frequency is 1 kHz.
W_
ca
-o
0 1000 2000 3000 4000 5000
Frequency (Hz)
Figure 4-4: Frequency response of DSP system with six different high-pass gains (-10,
0, 10, 20, 30, 40 dB), at a cutoff of 1 kHz.
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Figure 4-5: Frequency response of DSP system with
(250, 500, 700, 1 000, 1 400 Hz), and a high-pass gain
4000 5000
five different cutoff frequencies
of 40 dB.
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Figure 4-6: Magnitude and phase of frequency response from channel zero to channel
one of the DSP system.
clearly seen from this figure that the two channels are well matched.
4.2 Headphones
The performance of the headphones was measured using a small probe microphone
[6] positioned just inside the ear. A periodic chirp was presented over the center loud-
speaker and the average frequency response of the microphone was recorded with the
spectrum analyzer. This measurement was made with and without the headphones
on the subject's head. (When they were on his head, the DSP system was turned off.)
By comparing these two conditions we arrived at an approximation to the direct path
attenuation of the headphones. Figure 4-7 displays the measured direct path attenua-
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Figure 4-7: The direct path attenuation of the Bose Aviation headphones.
tion. As expected, the device is much better at attenuating shorter wavelengths. The
measurement with the headphones on the head and the DSP system off, was then
compared to that with the DSP system operating with a flat response at the lowest
gain to be used (-40 dB full-band gain and -10 dB high-pass gain). This comparison,
shown in Figure 4-8, indicates significant direct path leakage at frequencies under 300
Hz.
4.3 Loudspeakers
A direct path frequency response of each Optimus loudspeaker was measured using
the spectrum analyzer and a calibrated, flat response, half-inch condenser microphone
(Briiel&Kjoer) eight inches from the cone. Although the measurements provide no
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Figure 4-8: The difference between the direct path signal and the pass through system
with a system gain of 0 dB.
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Figure 4-9: A direct path frequency response of each of the seven loudspeakers.
absolute information regarding the quality of the loudspeakers, Figure 4-9 shows that
they are all reasonably well matched.
Chapter 5
Experimental Results
Table 5.1 shows the percentage correct scores for both runs of each subject 1 on the
monaural system and binaural pass-through system. The full-band gain for these
extreme conditions was set to -20 dB. Most of the monaural scores are at or near
chance (14.3%) as expected. Subject D scored surprisingly high on the first run. Even
more surprising is the fact that this subject scored worse in the binaural condition
than in the monaural condition for that run.
Tables 5.2 through 5.6 show the mean percentage correct scores for each run of
each subject. The full-band gain for these data was -40 dB. There is considerable
variability among subjects in their levels of performance, with scores ranging from
37% correct (Subject D) to 100% correct (Subject A) in the 1 400 Hz cutoff condition.
However, all subjects exhibit similar trends as a function of cutoff frequency and high-
pass gain.
A standard analysis of variance (ANOVA) test was performed on the data. The
ANOVA assumes that the distribution on the dependent variable for each of the
groups is normal in form and the standard deviations are equal. The null hypothesis
in the ANOVA is that all groups have the same mean. The ANOVA tests the null
hypothesis against the hypothesis that a subset of the means are different, and thus
the underlying phenomena that generate the data are different. The significance of the
1The data file for the second run of subject E was damaged. All results presented for this subject
include only the first run.
Subject monaural system binaural system
A 14.3 20.0 97.1 88.6
B 14.3 14.3 100 97.1
C 14.3 14.3 88.6 88.6
D 54.3 8.57 37.1 40.0
E1  28.6 - 71.4 -
Table 5.1: Percent correct performance on baseline conditions
High-Pass Gain fe (Hz) 250 500 700 1000 1400
(dB) run
-10 1 85.7 97.1 88.6 77.1 100.0
2 82.9 94.3 94.3 91.4 97.1
0 1 48.6 80.0 85.7 82.9 100.0
2 42.9 88.6 97.1 100.0 100.0
10 1 22.9 74.3 71.4 94.3 100.0
2 37.1 42.9 85.7 94.3 97.1
20 1 22.9 57.1 60.0 97.1 100.0
2 20.0 34.3 74.3 97.1 88.6
30 1 14.3 28.6 74.3 85.7 97.1
2 14.3 28.6 65.7 88.6 97.1
40 1 20.0 25.7 45.7 88.6 88.6
2 20.0 25.7 37.1 85.7 88.6
Table 5.2: Mean percent correct performance of Subject A in both runs.
High-Pass Gain fe (Hz) 250 500 700 1 000 1 400
(dB) run
-10 1 82.9 91.4 91.4 82.9 82.9
2 82.9 82.9 97.1 97.1 85.7
0 1 42.9 94.3 85.7 85.7 94.3
2 48.6 94.3 80.0 91.4 85.7
10 1 17.1 34.3 65.7 74.3 80.0
2 22.9 62.9 97.1 88.6 97.1
20 1 14.3 40.0 85.7 94.3 97.1
2 14.3 28.6 80.0 100.0 94.3
30 1 14.3 20.0 45.7 77.1 94.3
2 11.4 28.6 77.1 91.4 74.3
40 1 14.3 20.0 60.0 80.0 77.1
2 14.3 17.1 34.3 77.1 91.4
Table 5.3: Mean percent correct performance of Subject B in both runs.
High-Pass Gain f (Hz) 250 500 700 1000 1400
(dB) run
-10 1 45.7 74.3 94.3 85.7 91.4
2 62.9 91.4 88.6 91.4 94.3
0 1 14.3 37.1 80.0 88.6 94.3
2 14.3 51.4 80.0 85.7 88.6
10 1 14.3 40.0 31.4 74.3 88.6
2 14.3 17.1 51.4 85.7 85.7
20 1 14.3 14.3 34.3 45.7 74.3
2 14.3 14.3 40.0 57.1 82.9
30 1 14.3 17.1 22.9 40.0 74.3
2 14.3 14.3 28.6 68.6 85.7
40 1 14.3 14.3 31.4 40.0 42.9
2 14.3 14.3 31.4 31.4 54.3
Table 5.4: Mean percent correct performance of Subject C in both runs.
High-Pass Gain fJ (Hz) 250 500 700 1 000 1 400
(dB) run
-10 1 31.4 37.1 51.4 45.7 45.7
2 31.4 45.7 28.6 37.1 40.0
0 1 34.3 54.3 34.3 48.6 37.1
2 37.1 31.4 54.3 40.0 48.6
10 1 8.6 31.4 45.7 37.1 54.3
2 8.6 31.4 22.9 40.0 40.0
20 1 20.0 20.0 22.9 51.4 40.0
2 17.1 20.0 31.4 45.7 40.0
30 1 22.9 17.1 57.1 37.1 31.4
2 17.1 20.0 17.1 20.0 28.6
40 1 20.0 28.6 22.9 42.9 42.9
2 11.4 20.0 25.7 20.0 25.7
Table 5.5: Mean percent correct performance of Subject D in both runs.
High-Pass Gain f (Hz) 250 500 700 1 000 1 400
(dB)
-10 48.6 34.3 45.7 57.1 68.6
0 31.4 65.7 68.6 68.6 62.9
10 11.4 28.6 37.1 48.6 65.7
20 14.3 5.7 14.3 42.9 62.9
30 8.6 8.6 22.9 37.1 68.6
40 8.6 11.4 31.4 48.6 54.3
Table 5.6: Mean percent correct performance of Subject E.
hypothesis test is measured by comparing the within group variance to the variance
between group means. The analysis of variance was performed on the percent correct
scores for each run, after application of a sin- 1( /f-) transformation.
Figure 5-1 shows the performance scores for each subject averaged across repli-
cations. Each subfigure shows one subject's performance as a function of cutoff fre-
quency for each high-pass gain. Only the -40 dB full-band gain data was included.
For all subjects except Subject D, the data suggest that performance is an increasing
function of the binaural cutoff frequency. Subject D exhibited poor performance in
all conditions.
Figure 5-2, which shows the average across subjects of the performance curves
in Figure 5-1, further suggests that the relationship between cutoff frequency and
performance is monotonic. The analysis of variance showed that the effect of cutoff
frequency on performance is highly significant, F(4, 16) = 25.870, p = 8.1997 * 10- 7 .
5.1 High-Pass Gain
Figure 5-3 shows the percent correct scores in each high-pass condition averaged across
all cutoff frequencies, subjects, and replications. There is a monotonic relationship
between the high-pass gain and average performance. Figure 5-2 also reveals this
effect by the relative positions of each of the performance curves. To a large extent,
the relationship can even be seen in the individual performance curves of subjects
A,B,C, and E in Figure 5-1. The analysis of variance indicates that the effect of high-
pass gain on performance is highly significant, F(5, 20) = 22.545, p = 1.3730 * 10- 7 .
The difference between the curves in Figure 5-2 appears most prominent at the
lower cutoff frequencies, suggesting an interaction between high-pass gain and cut-
off frequency. This interaction is statistically significant, F(20,80) = 4.451, p =
8.0346 * 10- 7 . Figure 5-4 illustrates the interaction more clearly. Plotted in this fig-
ure are the mean score values for each of the cutoff frequencies averaged over subjects
and replications. There is a clear vertical separation between each of the five lines in
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Figure 5-1: Percent correct for each subject averaged over replications versus cutoff
frequency for each high-pass gain. The full-band gain is -40 dB.
41
00C
a,
X)
I UU
90
80
70
0- 60
ao
-50
C)
,. 40
30
20
10
0
250 500 700 1000 1400
Cutoff Frequency (Hz)
]Figure 5-2: Percent correct averaged over all subjects and replications versus cutoff
frequency for each high-pass gain. The full-band gain is -40 dB.
00
0
0
0
0
0
0
0
-10 -5 0 5 10 15 20 25 30 35 40
High-Pass Gain (dB)
Figure 5-3: Mean performance score across all subjects and frequencies versus high-
pass gain. Full-band gain is -40 dB.
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Figure 5-4: Mean scores for all five cutoff frequencies averaged
replications. The full-band gain was -40 dB.
across subjects and
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order of cutoff frequency which corresponds to the effect of cutoff frequency on per-
formance seen in Figure 5-2. Each of the performance curves decreases as high-pass
gain increases, reemphasizing the results presented in Figure 5-3. The fact that each
curve drops off at different rates indicates that there is an interaction between cutoff
frequency and high-pass gain. The plots show that high-pass gain has less effect at
higher cutoff frequencies.
5.1.1 Effects of Direct Path Leak-Through
To counteract any effects of leak-through signals at the two lowest high-pass gains,
those conditions were rerun with the full-band gain raised to -20 dB. Tables 5.7
through 5.11 compare the results for the two full-band gains. The analysis of variance
of the -10 dB and 0 dB high-pass gain conditions showed no significant effect of
the full-band gain. The grand means for -40 dB and -20 dB full-band gains were
0.5753 and 0.5319, respectively, with F(1, 4) = 4.362, p = 1.050 * 10-1. A closer
look at the data, however, indicates that the full-band gain does play a role when
the cutoff frequency is 250 Hz. For this cutoff frequency alone, the mean scores
for -40 dB and -20 dB full-band gains were 0.4743 and 0.2486, respectively, with
F(1, 4) = 11.823, p = 2.6300 * 10-2. Figure 5-5 shows the separation of the data
in the two conditions. There is one plot for each combination of high-pass gain and
full-band gain. Both -40 dB plots are higher at 250 Hz than their corresponding -20
dB plots.
5.1.2 Effects of Learning and Loudspeaker
A trial-by-trial analysis was performed using the correctness of each response as the
dependent variable. Correct and incorrect responses were assigned values of one
and zero, respectively, so the mean score is equivalent to one one-hundredth of the
percent correct. The effect of trial number within a run on performance averaged
over all conditions was insignificant, F(34, 136) = 1.103, p = 3.379 * 10-1. This
analysis indicates that on-line training within runs did not play a major role in the
Gain (dB) run fe (Hz)
High-Pass Full-Band 250 500 700 1 000 1 400
-40 1 85.7 97.1 88.6 77.1 100.0
-10 2 82.9 94.3 94.3 91.4 97.1
-20 1 31.4 91.4 85.7 94.3 97.1
2 28.6 85.7 97.1 100.0 94.3
-40 1 48.6 80.0 85.7 82.9 100.0
0 2 42.9 88.6 97.1 100.0 100.0
-20 1 22.9 80.0 77.1 80.0 94.3
2 28.6 71.4 88.6 91.4 97.1
Table 5.7: Mean percent correct performance of Subject A for -20 and -40 dB full-
band gains in both runs.
Gain (dB) run fe (Hz)
High-Pass Full-Band 250 500 700 1000 1400
-40 1 82.9 91.4 91.4 82.9 82.9
-10 2 82.9 82.9 97.1 97.1 85.7
-20 1 34.3 77.1 85.7 77.1 85.7
2 22.9 74.3 80.0 80.0 82.9
-40 1 42.9 94.3 85.7 85.7 94.3
0 2 48.6 94.3 80.0 91.4 85.7
-20 1 17.1 85.7 82.9 80.0 71.4
2 25.7 82.9 80.0 88.6 85.7
Table 5.8: Mean percent correct performance of Subject B for -20 and -40 dB full-band
gains in both runs.
Gain (dB) run _ fc (Hz)
High-Pass Full-Band 250 500 1 700 1000 1 400
-40 1 45.7 74.3 94.3 85.7 91.4
-10 2 62.9 91.4 88.6 91.4 94.3
-20 1 22.9 65.7 94.3 91.4 94.3
2 17.1 77.1 82.9 94.3 94.3
-40 1 14.3 37.1 80.0 88.6 94.3
0 2 14.3 51.4 80.0 85.7 88.6
-20 1 14.3 48.6 77.1 88.6 88.6
2 14.3 48.6 82.9 94.3 91.4
Table 5.9: Mean percent correct performance of Subject C for -20 and -40 dB full-band
gains in both runs.
Gain (dB) run fe (Hz)
High-Pass Full-Band 250 500 700 1 000 1400
-40 1 31.4 37.1 51.4 45.7 45.7
-10 2 31.4 45.7 28.6 37.1 40.0
-20 1 34.3 34.3 37.1 37.1 37.1
2 22.9 48.6 34.3 34.3 37.1
-40 1 34.3 54.3 34.3 48.6 37.1
0 2 37.1 31.4 54.3 40.0 48.6
-20 1 31.4 48.6 45.7 60.0 42.9
2 14.3 20.0 25.7 40.0 40.0
Table 5.10: Mean percent correct performance of Subject D for -20 and -40 dB full-
band gains in both runs.
Gain (dB) run fe (Hz)
High-Pass Full-Band 250 500 700 1000 1400
-40 1 48.6 34.3 45.7 57.1 68.6
-10 2 48.6 34.3 45.7 57.1 68.6
-20 1 31.4 60.0 68.6 62.9 68.6
2 31.4 60.0 68.6 62.9 68.6
-40 1 31.4 65.7 68.6 68.6 62.9
0 2 31.4 65.7 68.6 68.6 62.9
-20 1 25.7 65.7 65.7 65.7 60.0
2 25.7 65.7 65.7 65.7 60.0
Table 5.11: Mean percent correct performance of Subject E for -20 and -40 dB full-
band gains.
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Figure 5-5: Percent Correct scores averaged over all subjects for -20 (empty circles)
and -40 (filled circles) dB full-band gains. Both -10 dB high-pass gain (dashed lines)
and 0 dB high-pass gain (solid lines) conditions are shown.
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results. When broken down by condition, trial number again had no significant effect
on performance.
There was, however, a significant effect of loudspeaker on performance, F(6, 24) =
4.838, p = 2.300 * 10- 3. The mean scores averaged across conditions for the seven
loudspeakers are 51.8, 45.5, 54.6, 78.5, 53.3, 41.7, and 37.8% going from -90' to
900. The largest deviation is in loudspeaker four, but this is only to be expected
for the central loudspeaker since the diotic signals are consistent with the binaural
localization cues for a source straight ahead. The the left and right loudspeakers at
angles 30 and 60 degrees from the midline yielded similar performance. Thus it is
likely that the variation within these four loudspeakers is due to their positions and
not due to a confounding cue inherent in the experimental setup. Contrarily, there is
a mismatch in the performances at the two 90 degree loudspeakers, suggesting that
there was in fact some additional cue involved. It is likely that loudspeaker seven was
.just beyond 90 degrees and fell into a node of the overall system.
5.1.3 Patterns of Error
Figure 5-6 shows six confusion matrices. There is one matrix for each cutoff frequency,
averaged over all subjects, replications, and high-pass gains. The last matrix is the
grand mean over all data. It is readily seen from the grand mean confusion matrix
that even in the most difficult of conditions, errors in judgment that crossed the
midline, loudspeaker number four, virtually did not occur. Subjects could always
lateralize the sound location correctly. From the other matrices, we see that as the
cutoff frequency is raised, the main density of occurrences moves from within column
four to along the main diagonal. The matrix for the 1400 Hz condition indicates that
the hardest judgments to make are those involving peripheral loudspeakers. Even the
best-performing subjects commonly made errors between loudspeakers 1 and 2 and
6 and 7. Figure 5-7 shows similar data, but averaged over cutoff frequencies instead
of high-pass gains. This figure is consistent with Figure 5-6, though the density of
occurrences are more spread out. This difference in the two sets of confusion matrices
is another indication that the effect of the chosen cutoff frequencies on performance
is greater than the effect of the chosen range of high-pass gains. The trends seen in
these figures also hold for each of the subjects individually.
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Chapter 6
Discussion
The data are consistent with previous claims regarding the predominant role of low-
frequency binaural cues in azimuthal sound localization. Performance improves mono-
tonically with the cutoff frequency of the LP/HP System. With a higher cutoff fre-
quency, more binaural cues are preserved, and thus the performance is better. When
the cutoff frequency reaches 1000 Hz the impact of increasing the cutoff further is
diminished. This is consistent with the claims that the low-frequencies contain the
dominant localization cues. Beyond 1400 Hz or so, no new cues are gained from the
binaural low-pass path, so the performance-versus-cutoff frequency curve plateaus.
The results indicate that when high-pass gain is incorporated into the LP/HP
System, sound localization performance is reduced. The influence of the high-pass
gain diminishes as the cutoff frequency increases. Although the reduction in localiza-
tion is statistically significant for the 1 400 Hz cutoff system, performance only drops
from 77% at 0 dB to 62% at 40 dB high-pass gain. This reduction is not likely to be
a major inconvenience for typical listening situations. On the other hand, the results
for the 700 Hz cutoff system are of more concern. Performance drops from 66% to
19%, nearly chance, across the same range of gains.
One possible explanation for this phenomenon is a weighted competing experts
model of localization. Each sound component contributes to the localization decision,
and its influence upon that decision is weighted by some function of its frequency and
relative loudness. The LP/HP Structure provides three populations of components,
the low frequencies with binaural information yielding correct decisions, the middle
frequencies which pull the response toward the direction straight ahead of the listener,
and the high frequencies which have virtually no influence on the decision. At low
enough cutoff frequencies, even though the most influential components, the low
frequencies, pull the decision toward the correct response, an overwhelming number of
less influential high-frequency components pull the decision toward the incorrect zero
azimuth response. As the cutoff is raised, enough of the most influential components
contain correct binaural information and performance is very good. If the loudness
of the diotic components is then increased relative to the binaural components, those
middle components begin to have more influence again and performance goes down.
However, when the cutoff is high, the incorrect population is very small, and its
components have the least influence based on frequency. Thus it takes large increases
in high-pass gain to counteract the large low-frequency population and achieve a
given amount of performance degradation. As the cutoff goes down, the high-pass
gain boosts a larger set of incorrect components so even small increases in gain yield
a large performance drop. When the cutoff is as low as 250 Hz, however, performance
is already near chance, so high-pass gain has little impact on performance.
The direct path leak-through was of some concern in the experimental setup.
Based on the measurements of the headphones, the leak-through is insignificant com-
pared to the signal presented over the headphones when the full-band gain is -20
dB. The data indicate that the performance difference between the -20 dB case and
-40 dB case are negligible, except for the 250 Hz cutoff frequency conditions. Thus,
inasmuch as the performance with -20 dB full-band gain is uninfluenced by the direct
path, for all but the lowest cutoff frequency, the leak-through had no effect on the
results. This finding is in fact what we expect since the direct path attenuation is
strong except at very low frequencies. When the cutoff is at or above 500 Hz, those
low frequencies are being presented by the processing system, and the direct path
acoustic leak-through provides the subject with no extra, unintended information.
Four of the five subjects performed as expected on the monaural and binaural
conditions. The scores for these subjects were at or near chance for the monaural
condition. This is expected since the monaural system preserves none of the important
interaural cues. The high score for subject D on run one is puzzling and can only
be explained by an acoustical defect in the experimental apparatus. Most likely, the
headphones did not make a tight seal around the pinnae. Without a tight seal, the
binaural direct path signal would be strong enough relative to the presented signal
to enhance localization ability. It is interesting to note, however, that despite the
inclusion of subject D in the analysis, the effects are all highly significant.
For a practical system, we must choose the appropriate cutoff frequency carefully
based on both the localization ability and the intelligibility we desire to achieve. The
intelligibility is predominantly a factor of the noise reduction, which is accomplished
at the expense of localization. The ideal balance between these two competing re-
quirements will depend on the circumstances. While holding a conversation in a
noisy room, noise reduction is more important. On the other hand, when crossing a
busy street, spatial localization can be very useful. A third requirement must also be
considered, the signal gain which is to overcome the hearing impairment, and unlike
the other two, it is a fixed requirement. We must base our selection of the cutoff
frequency on a quantitative understanding of its interaction with all three of these
requirements. The results presented here begin to suggest a quantitative model for
the localization side of the tradeoff.
Further work is needed to determine the interaction of cutoff frequency and high-
pass gain with hearing-impaired subjects. Until such data exist, the present results
from normal hearing listeners can serve as a first approximation.
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